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[57] ABSTRACT 
A method and a system are disclosed for normalizing a 
speech signal prior to a speech recognition process. In a 
preparatory procedure, a sample interval of speech is 
separated into thirty-one frequency bands and an ampli 
tude histogram is generated for each band. From these 
histograms, the 5% percentile amplitude value P(05) 
and the 95% percentile amplitude value P(95) are ex 
tracted for each band and these values are stored for 
later reference. For actual normalization, the current 
speech signal is also divided into the same frequency 
band as in the preparatory procedure, and consecutive 
input amplitude values A(in) of each frequency band are 
modi?ed, using the percentile values of the respective 
band, to obtain output values according to 

A(out) = l-Lw : P855) . 

The essential effect of this normalizing treatment is that 
the resulting long-term spectrum is given by the P(95) 
values and the spectrum of silence is given by the P(05) 
values. After normalization, all speech has the same 
silence spectrum and long-term spectrum. 

10 Claims, 7 Drawing Sheets 
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Fl G. 2 B 
TYPICAL HI STOGRAM VALUES 

Amplitude Amplitude 
Level (DB) Count Level (DB) Count 

-20 3 25 344 
"19 1 26 354 
-18 2 27 333 
~17 1 28 359 
~16 0 29 347 
-15 3 30 342 
~14 3 31 323 
-13 1 32 361 
"12 3 33 354 
-ll 8 34 395 
--10 11 35 349 
-9 8 36 399 
-8 18' 37 466 
-7 22 38 447 
_6 42 39 546 
-5 58 40 489 
-4 87 41 482 
"'3 137 42 526 
-2 166 3 43 559 

-1 188 44 591 
0 608 45 712 
1 423 46 816 
2 515 47 1028 
3 547 3 48 1298 

4 626 49 1396 
5 620 50 1260 
"6 611 51 1022 
7 524 52 711 
8 408 53 486 
9 434 S4 243 

10 335 55 132 
11 333 56 48 
12 267 57 21 
13 307 58 8 
14 301 59 1 
15 3'20 60 o 
16 302 61 1 
17 295 62 1 
18 295 63 0 
19 297 64 0 
20 323 65 0 
21 323 66 O 
22 334 67 O 
23 323 68 O 
24 344 69 O 

70 O 
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NORMALIZATION OF SPEECH SIGNALS 

FIELD OF INVENTION 

The present invention is related to the normalization 
of speech signals for speech recognition, and in particu 
lar to a method and a system for normalizing speech 
signals which avoid distortion in the spectrum of silence 
of the normalized speech. 

BACKGROUND OF INVENTION 

In speech recognition systems it is important that the 
speech signals are normalized to enable successful com 
parison of the unknown spoken information with stored 
patterns or models. Thus, the variations in amplitude or 
energy that occur between different utterances of the 
same word or sentence by different speakers, or even by 
the same speaker at different times, must be eliminated 
or at least reduced. 
A common source of variation, both between speak 

ers and for a single speaker over time, is due to changes 
in the glottal waveform of vowels, and the energy in 
high-frequency fricatives. To normalize this variation, 
appropriate ?ltering may be employed. 

In an article by H. F. Silverman et al. entitled “A 
Parametrically Controlled Spectral Analysis System for 
Speech”, IEEE Transactions on Acoustics, Speech and 
Signal Processing, Vol. ASSP-22, No. 5, October 1974, 
pp. 362-381, amplitude calibration or normalization is 
described. For normalizing above-mentioned varia 
tions, the article suggests ?ltering the input speech with 
a linear ?lter matched to the long-term speech spec 
trum. The problem with this solution is that such a ?lter 
will distort the spectrum of silence, while normalizing 
the vowel and fricative spectra. Though the handling of 
silence in speech signal processing is also brie?y ad 
dressed, no solution for overcoming distortion in the 
spectrum of silence that will occur during normaliza 
tion is disclosed. 
US. Pat. No. 4,060,694 to Suzuki et a1. entitled 

“Speech Recognition Method and Apparatus Adapted 
to a Plurality of Different Speakers” also deals with the 
normalization of the sound pressure level of an input 
speech signal. However, the problems caused by the 
existence of intervals of silence in the speech signals are 
not addressed. 

DISCLOSURE OF THE INVENTION 

It is therefore a general object of the invention to 
devise a method of speech signal normalization for 
eliminating or reducing variations prior to a speech 
recognition process. 

It is a particular object of the invention to devise such 
a normalization method which avoids a distortion of the 
speech signal spectrum due to intervals of silence. 
A further object of the invention is a speech signal 

normalization method that avoids distortion in the spec 
trum of silence and which achieves the normalization in 
a relatively simple but rather effective way. 
These objects and other advantages are achieved by a 

speech normalization method in which initially ampli 
tude histograms are generated for different frequencies, 
in which a pair of particular percentile values is then 
obtained from these histograms for each of the frequen 
cies, and in which ?nally during the actual normaliza 
tion the amplitude values of the input speech signal are 
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2 
adapted using the pair of percentile values for each 
frequency. 
The advantage of this method is that an overall nor 

malization is obtained with relatively few extra process 
ing steps in addition to those otherwise necessary in a 
speech recognition system, and that recognition results 
in such a system are substantially improved. 
The invention and its operation will become more 

apparent from the following description of a preferred 
embodiment and from the accompanying drawings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of an arrangement for the 
speech normalization procedure according to the inven~ 
tion, including percentile amplitude value generation 
and actual normalization; 
FIG. 2A and 2B show a sample histogram obtained in 

an arrangement according to FIG. 1, and the respective 
list of count values per amplitude level; 
FIG. 3 is a block diagram of the ?lter bank for sepa 

rating the speech signal into 31 frequency bands or 
channels; 
FIG. 4 is a flow diagram of the histogram generation 

procedure; 
FIG. 5A and 5B show a logic circuit implementation 

of the histogram generator; 
FIG. 6 is a ?ow diagram of the procedure for extract 

ing percentile amplitude values from the histograms; 
FIG. 7A and 7B show an arithmetic circuit imple 

mentation of the section for actual speech signal nor 
malization, using the previously generated percentile 
amplitude values. 

DETAILED DESCRIPTION 

(A) Principle of Percentile Normalization 
For normalizing a speech signal prior to processing it 

in a speech recognition procedure, it is handled as fol 
lows for avoiding distortion of the spectrum of silence 
which would occur if the speech signal were only ?l 
tered to match the long-term speech spectrum: 

First, amplitude histograms as a function of fre 
quency are collected for the respective speech signal of 
a single speaker. Then, for each frequency, the ampli 
tudes de?ning the 5th percentile, P(05), and the 95th 
percentile, P(95) are extracted from the histograms. For 
new speech, the amplitude at a given frequency is nor 
malized according to 

The essential effect of this normalizing treatment is 
that the long-term spectrum of the resulting speech 
signal is given by the P(95) amplitude values, and the 
spectrum of silence is given by the P(OS) amplitude 
values. After normalization, all speech has the same 
silence spectrum and long-term spectrum. 

5 (B) Basic Description of Embodiment 

FIG. 1 shows a block diagram of an arrangement by 
which a speech signal can be normalized according to 
the invention. There is a common portion used for both 
initial preparation and actual normalization, a second 
portion which is only used for initial generation of per 
centile amplitude values, and another portion of the 
actual normalization. 
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(1) Common Portion for Obtaining a Band Separated 
Speech Signal 
This portion consists of sections 11, 13 and 15. In 

section 11, the available speech signal is pre?ltered, 
sampled and digitized in the usual manner. The obtained 
digital values are intermediately stored in section 13 
from where they can be extracted in blocks. Section 15 
represents a ?lter bank for separating the speech signal 
(available in sampled and digital form) into 31 channels 
or frequency bands. In the present embodiment, there 
are eight bands of equal bandwidth for the range from 
200 Hz to 1,000 Hz, and 23 further bands on a logarith 
mic scale for the range above 1 kHz. Another number of 
bands with another bandwidth distribution can of 
course be used if appropriate. 
The speech signal is then available on connection 17 

in 31 separate channels. Though the separation of a 
digitized signal into subbands is a standard procedure, a 
few more details of the ?lter bank 15 will be described 
in chaper (C) with reference to FIG. 4. 
(2) Portion for Generating Percentile Amplitude Values 

Prior to the actual normalization, percentile values 
must be obtained by analyzing a sample interval of the 
speech that is to be recognized. For this purpose, sec= 
tions 19 through 23 are provided. 

In section 19, histograms are generated from a 1 
minute interval of the band-separated speech signal. 
One histogram is prepared for each frequency band. It 
shows how the amplitude values observed for the re 
spective. band are distributed over a plurality of levels 
or discrete amplitude ranges. For the present embodi 
ment, the total amplitude range is separated into ninety 
l-dB intervals which range from ~20 dB to 70 dB. 
FIG. 2A shows a typical histogram, and FIG. 2B is a 

listing of the amplitude counts of this histogram (both 
for a single one of the 31 bands). One can see that during 
the 1-minute evaluation interval, e.g. 620 samples had 
an amplitude of ca. 5 dB, 1260 samples had an amplitude 
of ca. 50 dB, and so forth. A few more details of the 
generation of these histograms will be given in chapter 
(C) below with reference to ‘FIGS. 5A and 5B. 

In section 21, the percentile amplitude values P(05) 
and P(95) for each band are extracted from the histo— 
grams. These are the two amplitudes for which only 5% 
of all counted amplitude values (of that respective band) 
were smaller or greater, respectively. The obtained 31 
pairs of percentile amplitude values are stored in section 
23 from whose output connections 25 they will be avail 
able for later reference. Some typical percentile ampli 
tude values are as follows: 

Channel 4; mos) = -4 as P(9S) = 55 dB 
Channel 10; 9(05) = -6 dB P(95) = 47 dB 
Channel 20: P(05) = -4 an P(95) = 46 dB 

A few more detials on the percentile value extraction 
will also be explained in chapter (C) with reference to 
FIG. 6. 
(3) Current Speech Signal Normalization 

Section 27 is the portion for the actual normalization. 
On its input connections 17 it will receive a continuous 
stream of speech signal amplitude values A (in), sepa 
rated according to frequency bands, and on its input 
connections 25 there are available the previously gener 
ated percentile amplitude values for all bands. Section 
27 generates the normalized output amplitude values 
A(out) for each band according to the relation. 
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A circuit implementation of section 27 will be brie?y 
described in chapter (C) with reference to FIGS. 7A 
and 7B. 
The normalized amplitude values A(out) could either 

be directly furnished to a speech recognition unit 29, or 
they could be intermediately stored for later reference. 

(C) Details of Selected Sections 

In FIG. 3 the ?lter bank 15 for separating the speech 
signal into 31 channels is shown in more detail. Unit 33 
represents at Kaiser window which is used for shaping 
the spectrum of the input signal to make it more suitable 
for subsequent processing. It accepts blocks of 400 
speech signal sample values and furnishes, at the ith 
output, blocks of the same size wherein the values are 
modi?ed according to the desired window function (the 
Kaiser window for present embodiment). Windowing 
operations are described elsewhere, e.g. in the above 
mentioned article by H. F. Silverman et al. and thus no 
more details need be given here. 

In unit 35, a Fast Fourier Transform is performed on 
each block of modi?ed speech samples received from 
the window 33. The output of unit 35 is a block of 
amplitude values for 200 different frequencies. These 
values are then transferred to the ?lter bank unit 37 
which generates amplitude values for 31 channels or 
frequency bands, representing a spectral analysis of the 
input speech signal. The ?lter bank function can be 
represented by 

FHIGH 
Q‘ = 1010810. E IFFTII2 

l=FLoW 

No more details on units 35 and 37 appear to be neces 
sary because the Fast Fourier Transform is described in 
chapter 6 of a book by A. V. Oppenheim and R. W. 
Schafer entitled “Digital Signal Processing”, Prentice 
Hall, Englewood Cliffs, NJ. 1983, and a description of 
a typical implementation of a ?lter bank can be found in 
an article by D. H. Klatt “A Digital‘Filter Bank for 
Spectral Matching”, published in the "Conference Re 
cord of the 1976 IEEE International Conference on 
Acoustics, Speech and Signal Processing” on pages 
573-576. 
The sequential amplitude values A(i) exiting element 

15 for each channel i represent the energy amplitude of 
the respective frequency band for consecutive time 
intervals of 0.01 see each. These values are used as input 
for the histogram and percentile amplitude value gener 
ation and for the normalization operation. 
(2) Histogram Generation 

In the flow diagram of FIG. 4, an implementation of 
the histogram generation procedure is depicted. For 
each of the 31 channels, a plurality of k counting bins is 
provided. Each bin represents one of the k discrete 
amplitude levels BING) that are provided (90 levels in 
the present embodiment), and it counts the occurrences 
of amplitude values A(i) that fall into the respective 
level which ranges from BINQ) to BIN(j+l). An in 
coming value A(i) is compared to consecutive level 
values BIN(j), starting with the lowest one, until it 
exceeds the current value BIN(j). Then the count value 
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for the preceding level BIN(j— l) is increased by one 
unit. 
A logic circuit implementation of the histogram gen 

erator is shown in FIGS. 5A and 5B. Histogram genera 

6 

A(out) = : P855) 

tor section 17 comprises for each of the 31 channels a 5 fol‘ each 0601111118 input Value A(i) of this channel 
generator module 41 which consists of k logic and 
counting circuits 43, as shown in FIG. 5A. Assuming 
k=90 amplitude levels, 90 such logic and counting 
circuits are provided for each of the 31 channels. Con 
secutive channel values A(i) are presented in parallel to 
all circuits 43, and for each value one of the histogram 
count values H(j) will be increase by one unit. 

Details of one logic and counting circuit 43 are 
shown in FIG. 5B. The typical circuit counts the A(i) 
values that fall between the level border values BING) 
and BING-l-l). Comparators 45 (Cl) and 47 (C2), the 
latter followed by inverter 49 determine whether the 
current value A(i) is greater than BIN(j) or less than 
BIN(j+1). If this is true, AND gate 51 will furnish a 
counting pulse to a counter 53 whose output is the level 
count H(j). 
(3) Percentile Extraction 
FIG. 6 is a flow diagram of the procedurefor extract 

ing the percentile amplitude values P(05) and P(95) 
from the histograms. This is the operation correspond 
ing to section 19 in FIG. 1. The extraction is done sepa 
rately for each of the 31 channels. 

First, the total count TC is determined by adding up 
all k level count values H(j). Then, percentile threshold 
counts L5 and L95 are obtained as 5% and 95% values, 
respectively, of the total count TC. Thereafter, the 
lower threshold count L5 is compared to an accumula 
tive count ACC which is initially set to zero and to 
which is consecutive steps with increasing j (starting 
with j: l) the histogram count values H(j) are added. 
When this accumulative count value ACC becomes 
greater than the threshold count L5, the amplitude level 
of the ?fth percentile is reached, and the respective 
value BIN(i) is then determined to be the ?fth percen 
tile amplitude value P(05). Thereafter, the accumulative 
count ACC is further increased by consecutive histo 
gram count values H(j) but compared to the upper 
threshold count L95. When ACC> L95, then the 95th 
percentile amplitude level is reached and the respective 
current amplitude value BING) is stored as value P(95). 
(4) Normalization Circuitry 

In FIGS. 7A and 7B some details of the normalization 
circuitry are show for executing the operation of sec 
tion 27 in FIG. 1. As already mentioned, this section 
receives consecutive amplitude values A(i) for the 31 
channels on connections 17, and the percentile ampli 
tude values P(05) and P(95) for all 31 channels on con 
nections 25. The section contains 31 arithmetic modules 
55, each for normalizing the amplitude values of one 
channel. One such arithmetic module 55 is shown in 
FIG. 7B. It comprises a subtractor 57 for subtracting, 
from each consecutive value A(in), the stored percen 
tile amplitude value P(05). Another circuit 59 forms the 
difference P(95)—-P(05) and computes the reciprocal 
value of this difference, then available on line 61. This 
value could of course be precomputed and stored be 
cause the percentile amplitude values are not changed 
frequently. A multiplier 63 generates the product of the 
difference from subtractor 57 and the reciprocal value 
available on line 61, thus furnishing on its output the 
desired value 
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l (D) Modi?cations 

(1) Basic Percentile Values 
Though the selection of the 5th and the 95th percen 

tile values for normalization of a speech signal are pre 
ferred values by which considerable improvement can 
be achieved, other values can of course be chosen, such 
as eg 3% or 6% for the lower limit, or 97% for the 
upper limit. 
(2) Updating of Percentile Amplitude Values 
As was described above, a set of percentile values for 

all 31 bands is obtained by having one speaker read a 
sample text and analyzing a one minute interval of it. 
When such a set is used for normalization, the variations 
within this single speaker’s utterances can be eliminated 
prior to the recognition process. If, however, the 
speech of 'several speakers must be recognized by the 
same system, a set of percentile amplitude values P(05) 
and P(95) for each band must be generated for each 
speaker using a one minute sample utterance of each. 
(3) Implementation by Hardware or Software 
The different functions for executing present inven 

tion, in particular the histogram generation, the percen 
tile amplitude value extraction, and the actual normal 
ization of current values using the predetermined per 
centile values, can be effected either in hardware or by 
software. This is a design choice and depends on re 
quired speed, possible multiple utilization of functions 
for other portions of a system, etc. Application of the 
invention will yield an improved performance anyway. 

In addition to the variations and modi?cations to 
applicant’s disclosed apparatus which have been sug 
gested, many other variations and modi?cations will be 
apparent to those skilled in the art, and accordingly, the 
scope of applicant’s invention is not to be construed to 
be limited to the particular embodiments shown or sug 
gested. 
What I claim is: 
1. A method for overcoming the distortions in the 

spectrum-of-silence in a system for accepting words‘ 
presented in a stream of continuous speech, processing 
the stream into amplitude histograms for respective 
frequencies, and carrying out recognition processes, 
characterized by 

(a) collecting amplitude histograms as a function of 
frequency; 

(b) extracting, for each frequency, the amplitude 
P(05) de?ning the 5th percentile and the amplitude 
P(95) de?ning the 95th percentile; and 

(c) normalizing, for each frequency, the input ampli 
tude A(in) of the speech signal to obtain an output 
signal amplitude 

A(out) = $65 : Kg?) . 

2. System for normalizing a speech signal for a subse 
quent analysis or recognition process, characterized by 
means for generating an amplitude histogram for 

each of several frequency bands, comprising for 
each of k consecutive amplitude ranges in each 
frequency band, a histogram count of speech signal 
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amplitudes falling into the respective amplitude 
range; 

means for extracting, for each frequency from its 
histogram, two percentile amplitude values P(05) 
and P(95) indicative of the 5th and 95th percentile 
of the histogram counts, respectively. 

means for storing said percentile amplitude values; 
and 

means responsive to consecutive amplitude values 
A(in) of a current speech signal and to the percen 
tile amplitude values available in said storing 
means, for generating normalized speech signal 
amplitude values 

for each said frequency band. 

5 

15 

20 

3. A method for normalization a speech signal for » 
subsequent speech recognition, the method comprising 
the steps of: ‘ 

(a) ?ltering an input speech signal into a plurality of 
frequency bands; 

(b) sampling the input speech signal at a prescribed 
sampling rate; 

(0) for one sample after another in an analysis interval 
of the input speech signal, detecting amplitudes 
values of the input speech signal in each frequency 
band; . 

(d) generating, based on the amplitude values de 
tected in step (c), a respective low percentile ampli 
tude value P(lo) and a respective high percentile 
amplitude value P(hi) for each frequency band and 
storing the generated percentile amplitude values; 
and 

(e) for an amplitude value A(in) of the input speech 
signal in a given frequency band f, adapting the 
value A(in) to: 
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4. Method according to claim 3, wherein the percen 
tile generating step includes the steps of: 

forming a plurality of histograms each of which indi 
cates the number of detected amplitudes corre 
sponding to a given amplitude range 

(i) for a given frequency band, and 
(ii) for a given analysis interval; and 
determining percentile amplitude values from the 
formed histograms. 

5. Method according to claim 3, characterized in that 
the high percentile amplitude value for a given sub 
band corresponds to the 95% percentile of all am 
plitude values of the given subband, and the low 
percentile amplitude value of the given subband 
corresponds to the 5% percentile of all amplitude 
values of the given subband. 

6. Method according to claim 4, characterized in that 
the analysis internal for initially obtaining the high 
and low percentile amplitude values is one minute. 

7. Method according to claim 3, characterized in that 
the input speech signal is ?ltered, for the generation 

of percentile amplitude values and for A(in) value 
adapting, into more than 30 frequency bands. 

.8. Method according to claim 7, characterized in that 
the speech signal is ?ltered into eight lower fre 
quency bands of equal bandwidth between 200 and 
1,000 Hertz, and that the remainder of the spec 
trum from 1,000 Hertz up to the maximum fre 
quency of the prefiltered speech signal is ?ltered 
into bands according to a logarithmic schedule. 

9. The method of claim 4 comprising the further step 
Of: 

digitizing the input speech signal wherein said sam 
pling and digitizing steps are prior to the ?ltering 
step (a). 

10. The method of claim 4 wherein the sampling rate 
is on the order of 1 sample per 0.01 seconds and wherein 
at least some of the amplitude ranges are on the order of 
1 dB. 


